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The dynamic microphone is very popular, beins: used in broadcast studios, nisrht clubs and other places 
where the unit is likely to be moved frequently. The above view shows two of these types, the one on the 
left being: made by Shure Bros., and the other on the rigrht is made by Amperite. 
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It was not so many years ago 
that it was rare to see a micro¬ 
phone at any place except in a 
broadcast studio. Today they are 
a common sight and are to be 
found almost every place where the 
public gathers. It is the same with 
phonograph pick-up units. They 
are in common use in many homes 
and the radio man these days is 
just as likely to be called to service 
or install a microphone or pick-up 
unit as he is to service or install 
other radio equipment. This les¬ 
son is intended to give you essen¬ 
tial information on these units 
which you can apply in your work. 

You have learned from earlier 
lessons that a sound wave consists 
of a succession of rapidly advanc¬ 
ing areas of varying air pressure 
due to the pendulum-like motion of 


large groups of air molecules. This 
motion of the air particles will me¬ 
chanically displace any object free 
to move and, of course, in inverse 
proportion to its mass—that is, the 
lighter it is in weight the more 
freely it will move in response to 
the various pressures to which it 
is subjected. Early investigators 
knew this about sound and me¬ 
chanics long before electrical 
waves were discovered. 

Considerably before the days of 
radio, it was discovered that car¬ 
bon would change its electrical re¬ 
sistance with mechanical pressure 
applied. The first microphone 
was the result of a simple applica¬ 
tion of these two ideas. Carbon mi¬ 
crophones are not used very much 
in radio any more but a study of 
them will help you to appreciate 



and understand other types in gen¬ 
eral use. 

The diaphragm of a carbon 
microphone is usually made of 
chrome or carbon steel or duralu¬ 
minum—an alloy of aluminum and 
steel. It is about 2.5 inches in dia¬ 
meter on the average. It is clamp¬ 
ed between two steel rings by 
means of machine screws. In the 
center of one steel ring is placed 
a shallow cup about .5 inch in dia¬ 
meter with its opening facing the 
diaphragm. At the bottom of this 
cup is placed a compressed carbon 
disc which resembles a small black 
button. Between the polished sur¬ 
face of this disc and the dia¬ 
phragm is placed a quantity of car¬ 
bon granules nearly filling the 
space remaining. A light felt ring 
retains the granules in the proper 
space as the metal cup does not 
touch the diaphragm. A cross sec¬ 
tion of this arrangement is shown 
in Fig. 1. The granules are pro¬ 
cured from high grade anthracite 
coal by grading selected crushed 
specimens of uniform size from 
1/5 to 1/6 mm. in length. It is 
then reduced to practically pure 
carbon by heating in the absence 
of air. Although the granules are 
generally packed in the cup, com¬ 
monly called the button, it is not 
completely filled with carbon gran¬ 
ules. The carbon button structure 




is supported by a heavy cast metal 
yoke called a bridge or, in some 
cases, a three section yoke or spi¬ 
der. By means of insulating 
washers and bushings the bridge 
or yoke is insulated from the but¬ 
ton. 

Very often in this type of single 
button carbon microphone the por¬ 
tion of the diaphragm adjacent to 
the carbon granules is gold plated 
to provide a good resilient electri¬ 
cal contact of the granules to the 
diaphragm—the latter being pro¬ 
vided with a driving pin and disc 
for actuating the button. 

The various pressure areas of a 
sound wave, as, for instance, the 
spoken voice will cause this dia¬ 
phragm to vibrate and, in bending 
in and out, it will successively 
compress and release the carbon 
granules. A DC circuit consisting 
of a variable resistance R, a bat¬ 
tery and a transformer winding 
are connected in series with the 
microphone button as shown in 
Fig. 2. The DC that flows is elec¬ 
trically modulated or varied by the 
carbon button. When the dia¬ 
phragm is momentarily bent in¬ 
ward, the granules are compressed 
greatly, increasing their contact 
area and their contact area to the 
disc button and the diaphragm. 
This correspondingly lowers the 
resistance of the button allowing 



more DC to flow in the circuit. 
The carbon is somewhat resilient, 
compressing and being of lower re¬ 
sistance when compressed. Like a 
rubber ball when bounced, the area 
of the granules will spread over 
each other’s surface, thus greatly 
lowering the total DC resistance 
through the button. 

In Fig. 3 is shown a compara¬ 
tive diagram of the compression 
areas of an actual sound wave to¬ 
gether with a graph of the instan¬ 
taneous pressure. This acting on 
the diaphragm of the microphone 
causes changes in resistance of the 


carbon granules, and this, in turn, 
causes a varying current to flow 
which is also shown graphically in 
Fig. 3. Note that as the pressure 
increases, the resistance decreases, 
and current, therefore, also in¬ 
creases. While this is true for one 
simple sound, it might be observed 
that no matter how many sounds 
there are or how complicated the 
waves are in the air, produced by 
perhaps 50 musical instruments 
playing at one time, there can only 
be one possible pressure at a point 
on the microphone diaphragm at a 
time. Actually the movement of the 
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diaphragm is actuated by the re¬ 
sultant pressure of all of the waves 
striking it, and no matter hotv com¬ 
plicated the wave, the diaphragm 
must folloiv one single motion. An 
example of how a diaphragm can 
follow the resultant of two waves 
simultaneously is shown in Fig. 4, 
where at A is shown a high fre¬ 
quency wave and at B is shown a 
low frequency wave. If these two 
waves are at the same place in the 
air at the same time and the air 
pressures are added (they actually 
do add automatically in the air) 
there will be formed a resultant or 
average wave as shown at C in 
Fig. 4. If this wave strikes the 
diaphragm of the microphone it 
will be displaced in proportion to 
the amplitudes of this curve and 
will carry the combined effect of 
the two frequencies. Thus, any 
number of air waves will combine 
in this way and the diaphragm will 
follow the resultant or the average 
single line of deflection. The vac¬ 
uum tube amplifiers and other 
equipment in the signal circuit am¬ 
plify this one resultant wave. 

Because the sound pressures ex- 
^ ist in the air does not mean that 
the diaphragm will faithfully fol¬ 
low them. If the pressure changes 
too rapidly, for example, the 
weight of the diaphragm and the 


weight of the carbon that it must 
move and the force required to 
move it will prevent it from mov¬ 
ing very far. It is common ex¬ 
perience that heavy objects are 
more difficult to get in motion 
than light objects. As compared 
to the small pressures on the dia¬ 
phragm, the latter is a relatively 
heavy object. Therefore, when the 
air pressure is changing from 
minimum some 5000 or 6000 times 
per second in response to a sound 
wave of this frequency, the dia¬ 
phragm barely gets under way in 
one direction until the pressure 
changes, tending to reverse it. Of 
course, if the amount of force is 
very greatly increased, the dia¬ 
phragm can be moved for this fre¬ 
quency as for almost any other fre¬ 
quency, but the nature of devices 
which reproduce sound is some¬ 
what like that of the diaphragm. 
They move relatively little at high 
frequencies and thus produce less 
energy to begin with. Now, if you 
consider the same amount of en¬ 
ergy for all cases, which is the only 



Here is another type of dynamic microphone as 
made by Turner. This type works on the mov- 
insr coil principle as explained in this lesson. 



basis on which to compare the 
movements of the diphragm, you 
will find that the latter will move 
actually much less at high fre¬ 
quencies than at low frequencies. 
Then too another side of this ques¬ 
tion must be considered. If all of 
the sounds are to be reproduced 
just as they appear on the dia¬ 
phragm originally, the ratio of 
sound as it will affect the ear must 
be exactly as it is at the original 
source of sound. This is not 
strictly true, however, as the en¬ 
ergy of the high frequencies is ac¬ 
tually reduced by the failure of 
the microphone to respond to all 
frequencies faithfully. While this 
reduction in sound energy may not 
be entirely noticeable by the aver¬ 
age ear, it may be made to definite¬ 
ly show up by means of instru¬ 
ments. In this lesson you will 
have an opportunity of comparing 
the response characteristics of sev¬ 
eral microphone types and will 
learn more about this general sub¬ 
ject. 

While the air is perfectly elastic 
in all directions—that is, it is free 
to expand in all directions, this is 
not true with the diaphragm of a 
single button microphone. It re¬ 
quires considerably more pressure 
to bend the diaphragm and com¬ 
press the carbon granules than is 
required for the diaphragm to re¬ 
cover its position and bend in the 
other direction aided by the ex¬ 
panding carbon granules. For this 
reason the single button micro¬ 
phone will not accurately record 
sounds. It will flatten most of the 
X wave shapes represented by the 
high pressure areas, and thus 
cause distortion. This effect may 
be largely overcome by introducing 
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another button similar to the one 
just described on the other side of 
the diaphragm. In this way the 
diaphragm in its to and fro mo¬ 
tion is given equal opposition in 
either direction. This, of course, 
decreases its total motion and re¬ 
duces its voltage output. In view 
of the fact that distortion is re¬ 
duced the use of a double button 
microphone is a definite forward 
step as the reduced power output 
can be made up by more amplifi¬ 
cation. 

To make the proper electrical 
use of the two buttons as well as 
the proper mechanical use of them, 
a center-tapped primary winding 
is used for them as in Fig. 5. An¬ 
other improvement of the double 
button microphone in general is 
the use of a very thin stretched 
steel diaphragm which has much 
less tendency to be sluggish (less 
inertia. In this connection it is 
essential that the transformer pick 
up or have induced in it the great¬ 
est possible portion of energy from 
the microphone. While the micro¬ 
phone is supplied with DC it is 
usually regarded as an AC instru¬ 
ment. You will recall that this is 
also true of the vacuum tume. 

As the diaphragm of the micro¬ 
phone in Fig. 5 bends in, the resist- 
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ance of the back button is increas¬ 
ed while that of the front button is 
decreased. The current may flow 
from the diaphragm or vice-versa, 
but, in any event, it increases in 
the back button and, at the same 
time, decreases in the front but¬ 
ton. Since currents in the primary 
are flowing in opposite directions, 
either both from the center tap or 
both to the center tap of the trans¬ 
former, an increase in one cur¬ 
rent will induce magnetism of the 
same phase and in the same di¬ 
rection as a decreasing current in 
the other half winding. If the cur¬ 
rents were in the same direction, 
an increase in one current would 
counteract or neutralize the other 
in its magnetic effects. 

Although the currents of the 
two buttons aid in their effects on 
the transformer, and are acting at 
the same time, the voltage output 
of the double button microphone is 
considerably lower than that of the 
single button type. This is large¬ 
ly due to the two buttons which it 
must operate. However, it is much 
more free from distortion than the 
single button type. Figure 6 shows 


how the current of the two buttons 
combine in the primary to form 
one variation in magnetism in 
which form the energy can be 
transferred to the secondary. 

The next important considera¬ 
tion is that of how to get the great¬ 
est voltage output from the micro¬ 
phone. The microphone must be 
made as effective and as efficient 
as possible without sacrificing the 
quality of its operation because its 
voltage output is quite low. It is 
fortunate in this case, as in many 
similar cases, the best quality of 
the microphone is to be had when 
it is operating at its highest effi¬ 
ciency. From your former studies 
you know that maximum power is 
transferred from a source to a load 
when the AC impedance of the 
source matches or is equal to that 
of the load. Referring to a complete 
circuit of the microphone as in 
Fig. 7 you will find that the power 
source is actually the battery and 
its DC circuit. You will also re¬ 
call that the vacuum tube is a DC 
device but that it has an AC plate 
resistance which must be consid¬ 
ered in designing its load. So it 
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is with the microphone. The 
change in voltage across the mi¬ 
crophone divided by the change in 
current through it is called its AC 
resistance or impedance. It is ob¬ 
vious that this factor will be sub¬ 
stantially constant for any ampli¬ 
tude of the diaphragm for when 
its movement is small its voltage 
drop and current change are both 
small. 

As an example of this, when the 
diaphragm moves toward the but¬ 
ton its voltage may drop from 4.5 
to 2.5 volts. At the same time, the 
current through the button will 
increase from 10 to 20 milliam- 
peres. The voltage change (which 
is the difference has been 2 volts 
while the current change has been 
10 milliamperes. Two volts divid¬ 
ed by .01 ampere is equal to 200 
ohms which is the AC resistance of 
the microphone button. The im¬ 
pedance of one-half of the micro¬ 
phone to which this button is con¬ 
nected must, therefore, be 200 
ohms. The other half is, of course, 
equivalent to this half making the 
total primary impedance of the in¬ 
put transformer 800 ohms. Note 
that the impedance of any winding 
is proportional to the square of 
the turns ratio. Here we have sim¬ 
ply doubled the number of turns 
but quadrupled the impedance. 
Hence 4x200 equals 800. 

Actual double button micro¬ 


phones will have AC impedance 
values of from 50 to 200 ohms. The 
rating is, however, for one button 
only. Usually the average operat¬ 
ing current of this type of micro¬ 
phone is from 10 to 15 ma. The 
battery supply may range from a 6 
volt storage battery to a 3 volt dry 
cell. A switch, a rheostat (200 to 
500 ohms), and a by-pass con¬ 
denser C as in Fig. 7 is usually 
provided to form a low impedance 
path across the power supply. The 
condenser in a circuit like Fig. 7 
usually has a value from .5 to 1 
mfd. It is a good ,plan where pos¬ 
sible to use a 1000 to 1500 ohm 
rheostat R as in Fig. 7 and turn 
off the microphone by turning the 
rheostat to the open circuit posi¬ 
tion. Otherwise, when the switch 
is turned off (breaking the circuit 
instantaneously) a high voltage is 
developed in the primary of the 
transformer which is very harmful 
to the microphone buttons. The po¬ 
tential between the diaphragm and 
buttons should never exceed 3 or 
4 volts. 

As indicated in Fig. 7 a pilot 
light (L) is usually placed across 
the microphone circuit so that it 
will indicate when the microphone 
is alive. The microphone should 
never be touched or moved when 



Here are shown two types of AF amplifier name¬ 
plates. The one on the left indicates degrees of 
tone control while the one on the right indicates 
degrees of gain control. Shafts extrude through 
the center holes with an indicating knob mounted 
on these shafts so that exact degrees of control 
may be obtained. Courtesy of Crowe Nameplate. 




the DC is turned on as it will dis¬ 
lodge the carbon granules and 
shorten the life of the microphone. 

The primary objection to the 
carbon double button microphone 
is what is known as background 
noise. This is caused by the slight 
instantaneous changes in resist¬ 
ance of the buttons at a high rate 
of speed due to the microscopic 
movement of the granules even 
with appreciably no sound applied 
to it. The haphazard current paths, 
the changing of characteristics of 
the granules, the electric forces 
within the unit and other minor 
effects produce this constant back¬ 
ground noise. Most sounds have 
a level considerably above this 
noise but its presence is objection¬ 
able in any case. In the best grades 
of this type of microphone skilled 
workmanship has been held re¬ 
sponsible for reducing noise to a 
minimum but some of it always 
remains. Furthermore, this type 
of microphone has a definite length 
of life. There always comes a time 
when the instrument must be ad¬ 
justed, re-filled or repaired. Hav¬ 
ing two heavy buttons and a steel 
diaphragm, the upper frequency 
response is limited. While this 
does not amount to a definite fre¬ 
quency cut-off, the amplitude of 
the output begins to be seriously 
impaired around 8000 cycles. 
There will be some cases of greater 
frequency response and some of 
lower. The instrument is delicate 
and inappropriate for portable use. 

In historical sequence of practi¬ 
cal use the condenser type micro¬ 
phone comes next. It was used ex ¬ 
tensively until it was superseded 
by more practical and less costly 
units. The operation of this type 



of microphone is based on a very 
simple electrical law. This is the 
law that the charge of a condenser 
is the product of its capacity and 
its voltage. If the capacity (far¬ 
ads) of the condenser is varied and 
its charge is held constant, its volt¬ 
age must vary. A microphone was, 
therefore, made in the form of a 
condenser in which there was a 
very thin steel front plate stretch¬ 
ed in front of a heavy back plate 
with only .002 inch distance sepa¬ 
rating the two plates. As usual 
sound waves cause the front dia¬ 
phragm to vibrate due to differ¬ 
ence in pressure and in bending in 
and out from the back plate the 
capacity between the two plates is 
varied. 

The plates forming the condens 
er unit are charged from a high 
voltage DC source as shown in Fig. 
8 through a 10 to 50 megohm re¬ 
sistor (R). The voltage at B-f 
ranges from 150 to 450 volts. 250 
volts is used for this example. The 
resistor R is made very high in 
value, principally to permit the re- 
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production of very low frequen¬ 
cies. As the diaphragm M of the 
microphone bends in, the capacity 
is increased and since the charge 
is constant—that is, it does not 
have time to discharge through R 
—the voltage is lowered. This net. 
voltage or voltage difference is, 
therefore, induced through the con¬ 
denser C2 to the grid of the first 
tube. Now when the outer plate 
again bends out, the capacity is re¬ 
duced and the voltage of the con¬ 
denser is, therefore, increased. 

The original capacity in farads 
of the unit is quite low, as you 
might well imagine from the de¬ 
scription of the unit as given. Even 
lower than this is the change in 
capacity, making the voltage 
changes quite small indeed. An am¬ 
plification of 10,000 times is re¬ 
quired to produce a reasonably 
audible signal from this micro¬ 
phone in an ordinary pair of head¬ 
phones. Because of the very low 
output the signal cannot be taken 
directly from the microphone with¬ 
out amplification. The original 
noise in the connecting cable and 
the attenuation of the cable for 
only a few feet can prevent the ef¬ 
fective transmission of a signal. If 
the signal is taken any distance for 
amplification (via a connecting 
cable) it would enter the amplify¬ 
ing tubes below their natural noise 
level which disturbance could not 
be eliminated from the signal cir¬ 
cuit. To overcome the possibility 
of losing the signal in this way, it 
is necessary to include a two, three 
or four stage amplifier in the con¬ 
denser microphone housing or 
frame. The amplified signal may 
then be passed through the usual 
cable lines for further amplifica- 



other amplification and at the head 
of the entire chain of amplifiers 
used in its transmission is often 
called a head or pre-amplifier. For 
this purpose a resistance-capacity 
coupled amplifier is invariably 
used. A transformer is used for 
its output simply for matching the 
output of the equipment to the 
transmission line used. 

This requirement of high volt¬ 
age, a separate amplifier, a battery 
supply for the microphone and for 
all the tubes of the head amplifier 
as well as its low voltage output 
constitutes a definite limitation to 
the use of the condenser micro¬ 
phone. Its cost is also consider¬ 
ably greater than the cost of other 
types, and it does not have practi¬ 
cal portability. Other ensuing 
microphone developments, there¬ 
fore, have been accepted readily in 
place of the condenser microphone. 
Notwithstanding these handicaps 
in its practical use, the efficiency of 
transfer of energy from sound into 
equivalent voltage pulses is some¬ 
what higher for the condenser mic¬ 
rophone than for the carbon mic¬ 
rophone. 

The complete circuit of a con¬ 
denser microphone with its head 
amplifier is shown in Fig. 9. The 
only detail of this equipment which 
needs further discussion is the 
extra winding LI on the output 
transformer. Note that the wind¬ 
ing referred to is in the filament 
9 









circuit of the tubes. In passing 
through this winding, the current 
produces magnetism which is de¬ 
signed to be equal and opposite in 
phase with respect to the magnet¬ 
ism produced by the plate current 
of the last tube. In this way the 
output transformer produces max¬ 
imum output as it is most efficient 
when its core is completely unsat¬ 
urated. The possibility of distor¬ 
tion through saturation is thus a- 
voided. Triodes are used with this 
equipment as the screen grid and 
pentode tubes now used so widely 
were not available when this ampli¬ 
fier was designed. . Since the con¬ 
denser microphone is now practi¬ 
cally absolete, more modern ampli¬ 
fiers were not designed for it. The 
signal level at the transformer out¬ 
put of the head amplifier is com¬ 
parable with the output of an or¬ 
dinary double button carbon mic¬ 
rophone at its transformer out¬ 
put without amplification. 

Next in the development of mic¬ 
rophones is the ribbon or velocity 
type. See Fig. 10. One of the 
oldest known principles in electri¬ 
city is used for the operation of 
this type of microphone. This is 
the principle that a voltage will be 
induced in a conductor which is 
moving in a magnetic field. The 


conductor which is moved in Fig. 
10 is an aluminum ribbon foil as 
thin as ordinary tin foil or lead 
foil, about 2.5 inches long and .125 
inch wide. It is corrugated in a 
crosswise fashion making it ex¬ 
tremely flexible. It will bend un¬ 
der the pressure of ordinary 
breathing. This metal ribbon is 
suspended in a vertical position be¬ 
tween two long opposing perman¬ 
ent magnet poles. The poles are 
shaped so that the magnetic flux 
of the permanent magnet will be 
concentrated from edge to edge of 
the ribbon throughout its entire 
length. In this ^way when the rib¬ 
bon moves, it sweeps through prac¬ 
tically all of the elongated air gap 
carrying the magnetic flux. 

With its length constant and the 
direction of movement being fixed 
across the flux, the only remain¬ 
ing factor determining the voltage 
induced in the ribbon is the velocity 
of motion of the ribbon through the 
flux. The way in which the rib¬ 
bon moves in response to approach¬ 
ing sound waves will now be de¬ 
scribed. 

For a more detailed understand¬ 
ing of the nature of electricity it 
has been divided into voltage and 
current representing physical pres¬ 
sure and rate of flow. In the same 
way, for a more complete under¬ 
standing of sound, it may be di¬ 
vided into pressure and flow—the 
latter corresponding to velocity as 



Here are three more examples of nameplates as 
used on AF amplifiers and receivers. These types 
are ordinftrily used for “on and off’’ power switches 
althougrh they may also be used for pilot lisrhts. 
microphones and phonograph pick-up units. 





it is not necessary to consider the 
quantity of air actually moved 
when a sound wave is produced. 

The usual pressure curve for 
sound is shown in Fig. 11. As the 
pressure of the air molecules in¬ 
creases from normal to a higher 
value, the speed of the molecules 
is actually slowing down only to 
stop completely when maximum 
pressure is reached (maximum 
compression). This is the point 
where they start in the reverse di¬ 
rection marked A in Fig. 11. The 
solid line represents the actual 
pressure curve of the air molecules 
while the dotted line represents the 
speed or velocity of the air par¬ 
ticles at the various points con¬ 
cerned. As the air molecules ex¬ 
pand from this pressure in order 
to become equally distributed 
again, their velocity starting from 
zero reaches a maximum at the 
same time that the pressure is 
again normal. 

Now the ribbon just described 
has no surface area comparable to 
the diaphragm of either of the 
foregoing described microphones 
and cannot take advantage of the 
pressure component of the sound 
wave. Moreover, it has the air 
space all around it so that pressure 
cannot accumulate on one side of 
the ribbon successfully. On the 
other hand, the ribbon becomes 


such an integral part of its sur¬ 
rounding air that it moves almost 
with the air molecules and follows 
their velocity instead of their pres¬ 
sure. This is where this type of 
microphone gets the name velocity 
microphone. 

It may well be imagined that the 
voltage thus produced by the rib¬ 
bon is quite small. When no elec¬ 
trical circuit is attached to the ends 
of the ribbon, its movement is rel¬ 
atively free, but since this voltage 
must be used in some way, current 
will flow in the ribbon. For this 
reason there is some lag or slip of 
the ribbon in exactly following the 
velocity of the air. The actual mo¬ 
tion of the ribbon therefore follows 
a curve somewhere in between the 
pressure and velocity components 
of the air as in Fig. 11. 

The AC impedance of the ribbon 
is about .375 of an ohm. It, there¬ 
fore, feeds into a transformer pri¬ 
mary having this impedance value. 
The secondary of this input trans¬ 
former is usually designed to 
match the impedance of the cord 
connecting the microphone to the 
proper amplifying equipment. This 
value may be from 200 to 2000 
ohms in individual cases. Assum¬ 
ing, for example, that it is 2000 
ohms the impedance ratio of the 
transformer would be 2000 divided 
by .375 or 5333. The turns ratio 




is equal to the square root of the 
impedance ratio and this is equal 
to approximately 73. Thus, if the 
primary of the transformer had 
10 turns of wire the secondary 
would have 730 turns. 

This may be a very small trans¬ 
former for the reason that it car¬ 
ries an almost microscopic amount 
of power. It, however, must be 
mounted directly in the microphone 
unit as the ribbon leads cannot be 
carried more than a very few 
inches without serious losses. The 
microphone and transformer are, 
therefore, conveniently built into 
one unit. Connections are shown 
in Fig. 10. Either a double cord 
is led through a shielded cable or 
one of the leads becomes the cable 
as in Fig. lOB. Although the rib¬ 
bon is an independent circuit, it is 
connected to the grounded part of 
the output circuit to prevent inter¬ 
ference with the signal by high in¬ 
duced hum voltages, incidental 
charging electrostatic voltages, etc. 

At this point it might be well to 
observe that while the condenser 
microphone overcomes the back¬ 
ground noise of the carbon type, 
tube noises are substituted as the 
original signal is so small that the 
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emission noise of the first amplify¬ 
ing tube of the head amplifier be¬ 
comes important in comparison. 
The velocity microphone does away 
with both noises, as its level of 
voltage output is somewhat higher 
than that of the condenser type. 

The magnetic microphone works 
on the principle of magnetic induc¬ 
tion, and since this subject is re¬ 
lated to the velocity microphone 
the magnetic microphone (some¬ 
times called the dyna,mic micro¬ 
phone) will be described next. This 
unit consists of an essentially 
spherical or cylindrical permanent 
magnet in the shape of concentric 
opposing poles with a small air- 
gap, as in Fig. 12. The resemblance 
of the unit to a dynamic speaker 
is quite close except that the mag¬ 
net is of the permanent type in¬ 
stead of an electromagnet as used 
in the dynamic speaker. Of course, 
there are many permanent magnet 
dynamic speakers in use. In this 
connection it may be well for you 
to note that in various carrier-call 
systems and interoffice communi¬ 
cation systems, speakers are used 
almost entirely as microphones as 
well as acting as a speaker. 

A coil of fine wire for the dynam¬ 
ic microphone is wound on a voice 
coil form in a single layer and this 
is interposed in the circular mag¬ 
netic field, held in place by a very 
flexible diaphragm of high grade 
aluminum alloy. The total diam¬ 
eter of the diaphragm is small so 
that it will move as a unit and not 
flex into subordinate wave mo¬ 
tions. A large vibrating surface 
area will usually choose many sub¬ 
ordinate wave motions. A large 
vibrating surface area will ushally 
choose many subordinate modes of 


vibration in accordance with its 
structure, and thus by making the 
diaphragm sufficiently small, this 
trouble is avoided. The part of 
the diaphragm enclosed by the 
voice coil is made spherical so that 
it will move in its entirety as a unit 
with the voice coil. Its shape pre¬ 
vents it from flexing. It is perfect¬ 
ly stiff, and if it does happen to 
vibrate, the frequencies produced 
will be above the ordinary sound 
spectrum. From the cone edge to 
the outer edge of support, the dia¬ 
phragm moves in and out in ac¬ 
cordance with the pressure or vel¬ 
ocity component of the sound 
wave. At low frequencies there is 
less lag between the movement of 
the diaphragm and the air velocity, 
but as the frequency of the sound 
wave increases, there is more lag 
due to the increased sluggishness 
of the diaphragm, and it more 
nearly follows the pressure com¬ 
ponent. The motions of the dia¬ 
phragm carry the voice coil at¬ 
tached to it, and as it moves 
through the magnetic field placed 
across it, a voltage is induced in 
proportion to the velocity of the 
motion. Thus, across the ends of 
this coil will exist a voltage fac¬ 
simile of the component of the 
sound wave that the diaphragm has 
followed. 

As a load is attached across this 
winding, current will flow in it, 
and, as usual, this current will have 
a field opposing the original mo¬ 
tion of the coil. The coil will ac¬ 
tually move less or at a lower am¬ 
plitude with an electrical load at¬ 
tached than without it because of 
this reacting magnetic field. It 
should be observed in this discus¬ 
sion that the mechanical impedance 



introduced by the sound wave is 
effectively coupled to the mechan¬ 
ical impedance of the diaphragm 
of the microphone and that these 
impedances are effectively balanced 
when the diaphragm is properly 
loaded. A properly designed ideal 
microphone would reflect no sound 
if this impedance match were per¬ 
fect. No microphone is perfect in 
this respect. 

To allow for the escape of air 
for a dynamic microphone as in 
Fig. 12, which is naturally com¬ 
pressed in back of the diaphragm 
when it is pressed in, vent holes 
are provided. Instantly the air 
can assume uniform pressure on 
both sides of the diaphragm. This 

In the upper photograph a type of crystal micro¬ 
phone is shown as made by Turner. The lower 
photograph shows a hand type of crystal micro¬ 
phone as made by the same company. 




is somewhat like the effect of a baf¬ 
fle for a speaker. In a speaker 
system it is desirable to eliminate 
or neutralize the sound waves in 
back of the cone, but in a micro¬ 
phone this is not essential. The 
back of the diaphragm is enclosed 
in such a way that the incident 
back sound waves cannot affect it. 
not enough sound can find its way 
through the vent holes to infiuence 
the diaphragm appreciably. 

Access to the diaphragm which 
is rarely ever visible in the dynam¬ 
ic type is provided by a number of 
small holes in the cover of the mic¬ 
rophone, a wire grill or screen 
mesh. The shape of the aperature 
leading to the diaphragm although 
in many cases decorative is also 
functional as it facilitates conduc¬ 
tion of the sound waves into the 
microphone moving element. 

As for the dynamic speaker, 
many things must be taken into 
account in the design of such a mic¬ 
rophone to make it respond correct¬ 
ly to a wide frequency range. In 
the first place, practically all ob¬ 
jects will produce a characteristic 
sound when struck sharply. The 
character of a sound wave from an 
action like this will be determined 
by the natural rate and mode of vi¬ 
bration of the object which will, in 
turn be influenced definitely by its 
size, material shape and degree of 
stiffness. This, of course, applies 
to the diaphragm of any micro¬ 
phone. If the diaphragm of the 
average microphone is removed, 
set on a table and struck sharply, a 
frequency in the neighborhood of 
6000 cycles would result. The 
weight or, more correctly, the mass 
of the material of which it is made 
and its stiffness would determine 
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this rate of vibration. This is true 
of any object which produces 
sound. 

Now when the microphone is 
subject to a sound wave of this fre¬ 
quency, a state of resonance will be 
produced if some means is not used 
to prevent it. As you have learned, 
each approaching sound wave at 
resonance will add to the motion 
of the diaphragm, and it will tend 
to move ten or twenty times as far 
for this frequency as for any other. 
This would produce a type of dis¬ 
tortion in the output known as dis- 
proportional amplitude selection 
(erroneously called frequency dis¬ 
tortion) . 

Directly under the middle of the 
diaphragm on a dynamic micro¬ 
phone is a large screw head which 
may be adjusted for a certain a- 
mount of air leakage through it. 
At the resonant frequency of the 
diaphragm, the air experiences 
maximum difficulty in clearing it¬ 
self from the movement of the dia¬ 
phragm. The damving due to the 
effectively closed air pocket thus 
limits the amplitude of the dia¬ 
phragm at its resonant point. 

It may be seen that with equal 
sound pressures at all frequencies 
and with equal amplitude of move¬ 
ment of the diaphragm at all fre¬ 
quencies, the output voltage would 
rise steadily with frequency. This 
would happen because the velocity 
of the coil would naturally increase 
with frequency and the voltage in¬ 
duced in the coil is, of course, pro¬ 
portional to its velocity. However, 
the stiffness of the diaphragm lim¬ 
its its amplitude at low frequencies 
while its mass limits its amplitude 
of vibration at high frequencies. 
In moving a smaller distance, its 



velocity is, of course, reduced be^ 
cause it covers less total distance. 
Above 10,000 cycles the distance 
that it moves is so small that it pro¬ 
duces negligible voltage. Below 
200 cycles its stiffness is compen¬ 
sated out of the problem to a lim¬ 
ited extent by providing a leak¬ 
age tube connecting the back and 
front of the diaphragm. The 
length and size of this tube is so 
designed that for a reasonable 
range of frequencies an opposite 
phase sound wave is transmitted 
in back of the diaphragm so that 
it has an effective double action. 
The effect increases as the fre¬ 
quency reduces so that the micro¬ 
phone has a good output as low as 
30 cycles. 

THE CRYSTAL MICROPHONE 

Most recent of the microphones 
to reach widespread popularity is 
the crystal type. Certain prob¬ 
lems affecting the use of crystals 
for this purpose have been over¬ 
come and development of micro¬ 
phones using piezo-electric crys¬ 
tals has taken rapid strides. 

Although quartz is the most 
stable of all the known piezo-elec¬ 
tric substances, a reasonable out¬ 
put can only be obtained from it 
through using it at resonance. 
This is very effectively done in a 
quartz controlled vacuum tube os¬ 
cillator. Other substances exhibit 
thousands of times the piezo-elec- 
eric intensity than does quartz and 
are chosen for microphones and 
phonograph pick-up units for this 
reason. 

The most common and popular 
substance of this nature is sodium 
potassium tartrate, commonly 
known as rochelle salts. A distil¬ 
led water solution is made of this 


substance, and it is filtered and re¬ 
filtered a great number of times to 
remove all possible impurities. The 
solution is then allowed to reach 
saturation by evaporation and 
crystallization is started by plac¬ 
ing a small piece of the solid crys¬ 
tal in the solution. Large crystals 
suitable for this application may 
thus be grown. 

If exposed to normal air these 
crystals will absorb enough mois¬ 
ture from air of normal humidity 
to dissolve them, becoming a so¬ 
lution. It was for this reason that 
rochelle salts were not used long 
ago for this and other purposes. 
Through the application of proper 
moisture proofing they may be 
made stable under ordinary con¬ 
ditions. 

This crystal will produce a volt¬ 
age between its two surfaces if 
pressed in proportion to the amount 
that the crystal is compressed. 
Twisting the crystal will have the 
same effect—^that is, it will pro¬ 
duce a voltage in proportion to 
the strain within the crystal 
brought about by the twisting 
force. If the available pressure 
(which must be derived from a 
sound wave) is used directly on 
the crystal, the results are poor. 
A certain amount of mechanical 
magnification can be obtained by 
using the twisting type of force 
with the crystal. 

In Fig. 13 is indicated the me¬ 
chanical layout of the convention¬ 
al crystal microphone arrangement. 
As the cone moves, it twists the 
group of two crystals which are 
cemented together producing a 
voltage on their surfaces. Metal 
foil is placed between the crystals 
and on the outside of each crystal. 
15 





Since the voltages on the two out¬ 
side faces are in phase, that is, they 
are of the same polarity and value, 
they are electrically connected to¬ 
gether. The center foil has the op¬ 
posite polarity and the output volt¬ 
age is produced between the two 
outside plates and the one in the 
center. 

It may appear that the dia¬ 
phragm has much weight to 
move in this instance which is 
quite true, but much less motion 
is required in this type of micro¬ 
phone than in others. There need 
not be a visible movement of the 
crystal structure at all for a volt¬ 
age to be developed. An action 
tending to twist the crystals can 


be developed by a microscopic 
movement of the crystals. 

Another application of the crys¬ 
tal microphone is made possible 
through a different mounting and 
use of the crystals. Figure 14 will 
aid in its study. The unit shown 
in Fig. 14 is called a sound cell. 

Two of the double crystal units 
are mounted in a bakelite frame 
with a small air space between 
them. A diaphragm is then placed 
on each side of the unit and each is 
sealed to the bakelite after all 
moisture has been removed. A 
special sealing rosin compound is 
used, which is absolutely air and 
moisture tight. In fact, the unit 
may be immersed in water for 
hours without any noticeable or 
measurable effect on it. 

By its pressure component an ap¬ 
proaching sound wave compresses 
each diaphragm and bends in each 
crystal unit. The polarity of each 
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unit is the same so that these volt¬ 
ages add. Since they are connected 
in parallel, the effect is to main¬ 
tain the voltage at a lower imped¬ 
ance. 

If the two crystal units move in 
the same direction due to external 
vibration, their voltages will be of 
opposite polarity and will cancel. 
Practically any vibration will 
cause this type of motion and hence 
will produce no output. This is a 
distinct advantage. It makes the 
microphone very serviceable for 
portable use. 

The crystal is, of course, a di¬ 
electric permitting no current flow 
from plate to plate. When the 
unit is provided with a conductive 
load, the only current that flows 
in the microphone circuit is that 
required to charge the capacity 
formed by the two collecting plates 
(electrodes), by an amount deter¬ 
mined by the difference of potential 
produced across it. For example, 
if the pressure or twist of the crys¬ 
tals produces .1 volt, then current 
will flow until the condenser is 
charged at this potential. The 
capacity, of course, affects the im¬ 
pedance of the unit, but this may 
almost be neglected in view of the 
piezo-electric effect which demands 
a great deal more current flow than 
if there was a constant capacity 
without this effect. It so happens 
that if the AC voltage of the unit 
is divided by the charging or dis¬ 
charging current the AC imped¬ 
ance would be found to be around 
60,000 ohms. 

It may at once be realized that 
regardless of the voltage output of 
the crystal unit there is no common 
transmission line that can satis¬ 
factorily carry a signal at this im- 



This view showg control knobs that would be used 
on shafts extending through the center holes of 
the nameplates slrown in the photograph on page 
7. This type of control knob is made for differ¬ 
ent sizes of nameplates, the arrangement depend¬ 
ing upon what is to be controlled. 

pedance. Since this will be treated 
later on in this lesson, let it suf¬ 
fice now to state that a step-down 
transformer must be used with 
this microphone if it is any appre¬ 
ciable distance from the amplifier. 
For a short distance, however, this 
impedance value is almost ideal to 
match the input of a high gain 
tube amplifier. 

MICROPHONE DIRECTIONAL 
CHARACTERISTICS 

Due to the nature of each mic¬ 
rophone type, they will exhibit var¬ 
ious directional characteristics 
making them adaptable to one pur¬ 
pose better than another. For ex¬ 
ample, with the carbon microphone, 
most usually the back of the dia¬ 
phragm is completely enclosed. It 
is, therefore, quite logical to as¬ 
sume that sounds approaching 
from the rear of the microphone 
will barely affect the diaphragm. 
Being a compression wave, sound, 
like other wave motion, will enter 
the front of the microphone 
through diffusion, which means 
that each small segment of the 
wave that strikes a solid body at 
the edge will be deflected, part go¬ 
ing away from the object and part 
toward it. After a series of such 



deflections the wave Anally is able 
to bend completely around the ob¬ 
ject. Therefore, there will always 
be some sound existing at the back 
and front of the microphone. More¬ 
over, in any case the movement of 
the member, whether it be a dia¬ 
phragm or a ribbon, is a relative 
matter; the sound may move the 
body of the microphone while, due 
to inertia, the moving element re¬ 
mains stationary, thus reproduc¬ 
ing its electrical equivalent of the 
sound. This principle is used en¬ 
tirely in the development of micro¬ 
phones for detecting earthquakes 
and other earth vibrations. 

The best way to get an intelli¬ 
gible picture of these conditions is 
to make use of polar coordinates 
(see the graph section of your SAE 
math book). Figure 15 is a good 
example of the characteristics of 
a closed back double button car¬ 
bon microphone. Imagine that 
you are looking down from the top 
of the microphone in this case. The 
lines extending radiallyin many di¬ 
rections from the microphone rep¬ 
resent typical directions from 
which sound may arrive at the mic¬ 
rophone. The curve may repre¬ 
sent either of two conditions. If 
a sound source of constant intens¬ 
ity were moved along this curve, 
the microphone output would be 
unchanged. With this interpreta¬ 
tion of the curve it will be noted 
that the sound must be much closer 
to the microphone at the back than 
at th)e front to produce the same 
voltage output. This curve may 
also represent the microphone out¬ 
put resulting from an equal amount 
of sound supplied to the micro¬ 
phone in every direction. With 
this interpretation of the graph. 
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it will be noted that the output of 
the microphone will be considerably 
less at the back than at the front. 
As the curve gets closer to the mic¬ 
rophone and as it goes around it, 
the output is accordingly reduced 
as it remains proportional to the 
distance of the curve from the mic¬ 
rophone. 

The crystal microphone exhibits 
somewhat the same directional 
properties as the carbon type al¬ 
though it is more marked as the 
diagram of Fig. 16 shows. This 
is due principally to the smaller 
physical size of the unit as well 
as its shape. Likewise, in the dy¬ 
namic microphone no departure is 
made from this same general char- 
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acteristic. Although the polar co¬ 
ordinates forms in Figs. 15 and 
16 are all horizontal cross-sections, 
it will be obvious that they are all 
symetrical. An easier way to see 
it is to consider that the micro¬ 
phone is free to rotate on its axis 
of symmetry like a wheel, then it is 
clearly seen that no change in shape 
of the sound characteristic would 
result. 

Considering the velocity micro¬ 
phone, a quite different effect is 
obtained. This microphone has 
two faces or it is the same in front 
as in back. It would therefore, be 
expected to have a double charac¬ 
teristic—that is, exhibit the same 
properties in front as in back. This 
is true as will be seen in Fig. 17 
which is a graphic representation 
of its characteristics. Another 
very interesting thing will be no¬ 
ticed with respect to this curve. 
At either side the curves of the two 
sides meet at the microphone, 
meaning that it will pick up very 
little sound from either side. Un¬ 
like the other curves in this re¬ 
spect, this indicates that some 
other effect is taking place. 

Examining this situation more 
closely, you will see that if a sound 


wave approaches from the side of 
the microphone, the pressure and 
rarefied areas of the sound wave 
will reach both sides of the ribbon 
respectively at the same time, and 
since the pressure on both sides is 
always equal, the ribbon will not 
move. In other essentials, the di¬ 
rectional characteristics are some¬ 
what the same. This zone of zero 
sound of the velocity microphone 
makes it especially useful in spec¬ 
ial applications where undesired 
sounds may be eliminated. The 
vertical plane characteristics for 
this type of microphone is essential¬ 
ly the same as the horizontal as 
given in Fig. 17. 

All of these microphone curves 
are made using an average audio 
frequency of about 400 cycles at 
which frequency all of the units 
have good response. These direc¬ 
tional curves would vary to some 
extent with frequency, but this in¬ 
formation has no practical value 
as it only interests the designer of 
microphones. 

SENSITIVITY AND OUTPUT 
LEVELS 

The sensitivity of a microphone 
is a measure of its ability to pick up 
sound waves of various intensities. 
The most sensitive microphone 
will, of course, pick up the small¬ 
est amount of energy. This is 
often confused with efficiency or 
the output of the microphone and 
sometimes even with an amplifier. 
This is a mistake which should be 
guarded against. Remember that 
sensitivity of a receiver has no con¬ 
nection with its speaker and that 
the output voltage which a micro¬ 
phone will deliver is not an in¬ 
dex of its ability to pick up sound. 



The lower limit of sensitivity of 
a microphone., however, in many 
cases, is influenced by its integral 
or associated apparatus. It is also 
limited by its own imperfections 
or natural limitations of design. 
For example, it is no recommenda¬ 
tion of a microphone for it to be 
able to pick up very weak sounds 
if it produces noise of its own 
which is comparable to the sound 
which it picks up. It is, of course, 
desirable to have the microphone 
as well as every other instrument 
or part in the entire signal system 
produce no noise of itself. It should 
only transmit signals supplied to 
it. 

The effective sensitivity of the 
carbon microphone is limited by the 
relative size or magnitude of the 
background noise or carbon noise 
which it produces. From an elec¬ 
trical point of view, when the elec¬ 
trical output of the converted 
sound is from 16 to 20 times the 
intensity of the carbon noise which 
is strictly electrical from the be¬ 
ginning, the maximum sensitivity 
has been reached. 

In considering the various types 
of microphones you will find that 
the velocity type is the most sens¬ 
itive from the foregoing definition. 
It can create an electrical signal 
out of a more feeble sound vibra¬ 
tion than any other type of micro¬ 
phone. The mass of the moving 
element is responsible for this, as 
it requires less energy to move it 
than the moving element of any 
other type. Due to the fact that a 
condenser microphone can move 
by segments it is also very sensi¬ 
tive but its full utility is somewhat 
limited by tube noises in the ampli¬ 
fier following it. To appreciate 


this more fully the voltage outputs 
of the various microphones should 
be considered. 

The single button microphone 
has an output voltage of approxi- 
rnately .5 to 1 volt for maximum 
undistorted operation. The out¬ 
put voltage of the double button 
microphone, on the other hand, is 
from about .1 to .15 volt. It must 
be understood that the sound in¬ 
tensity for this discussion is con¬ 
stant for each microphone and 
that the voltage is measured across 
a 600 ohm loading resistor proper¬ 
ly matched to the microphone. On 
this basis the crystal microphone 
will produce about .02 volt aver- 
ave maximum undi^torted output, 
the ribbon type about .002 volt, the 
dynamic about .001 volt, while the 
condenser type is behind by far, 
having an output from about 
.00001 to .00008 volt. 

Now comparing the highest out¬ 
put with the lowest, it will be im¬ 
mediately apparent that a noise 
signal equal to .025 (25,000 micro¬ 
volts) volt may go unnoticed with 
the single button microphone be¬ 
cause it is equal to about .05 of that 
of its signal output while a noise of 
.5 microvolt is the most noise that 
can be tolerated with the conden¬ 
ser microphone. Another point 
should be apparent, and that is the 
voltages of the crystal and con¬ 
denser microphones were original¬ 
ly developed across very high re¬ 
sistances or impedances, for the 
purpose of comparison and are 
much higher than those mentioned 
before step-down to 600 ohm im¬ 
pedance values (600 ohm trans¬ 
mission lines are often used be¬ 
tween microphone and amplifier). 
On the other hand voltage output 



of the ribbon and dynamic micro¬ 
phones are much smaller than they 
are on measurement as they must 
be stepped up enormously before 
comparison. Accordingly a noise 
voltage for one of the high imped¬ 
ance instruments must be consid¬ 
erably higher than at first realiz¬ 
ed. The noise voltages are very 
much lower for the low impedance 
values for it must be remembered 
that they must be brought up or 
down to 600 ohms before their ef¬ 
fectiveness may be compared. All 
of these facts make the comparison 
of microphones more difficult be¬ 
cause of the many things to be con¬ 
sidered. In general the ribbon or 
dynamic types are preferred for 
sensitivity, and the crystal type 
for ruggedness. The diaphragm 
of dynamic and crystal units may 
be mounted horizontally so that 
they have completely non-direc- 
tional qualities. It is, of course, 
optional to tilt the unit if direc¬ 
tional characteristics are desired. 

THE CONNECTION CORD 

The bare essentials of each type 
of microphone to transmit the sig¬ 
nal to the control room, a minimum 
distance of five feet, are shown in 
Fig. 18. 

The supply voltage for the car¬ 
bon microphone may be run quite 
a long distance through a cable. As 
for the conditions limiting the mi¬ 
crophone current alone, there is 
only the resistance of the cable to 
consider, and as long as that is low 
enough to permit two or three 
volts to be impressed across the 
unit there is no limit to its length. 
As for the signal which, of course, 
is the AC component or modula¬ 
tion of the DC in the connecting 


cord, this requires a transmission 
line which will carry it most effect¬ 
ively. 

Practically the only quantitative 
information available on transmis¬ 
sion lines to carry signals involves 
high mathematics such as the cal¬ 
culus with hyperbolic functions, 
trigonometry, logarithms and infi- 
ninte series equations. The condi¬ 
tions involved are somewhat ob¬ 
scure and are of such nature that 
they cannot be treated quantita¬ 
tively any other way. However, 
the following practical considera¬ 
tions will give you a clear insight 
into the nature and quality of this 
subject. 

There are two very similar 
transmission systems from which 
to draw comparisons in physics. 
These are transmission systems 
for sound and light. Forget for 
the moment that there are two 
wires in a transmission line and 
regard it simply as a single trans¬ 
mission medium. By way of com¬ 
parison, refer to the three metal 
cylindrical tubes symbolized in 
Fig. 19. A sound source is at the 
left end of each tube symbolized by 
a bell. At A the sound will enter 
the tube and travel along it from 
left to right and emerge at the 
right end. It being open at the 
end, the sound will immediately 
spread out as there are no longer 
any walls to confine the pressure 
areas. Rarefied areas at the end 
can draw upon the outside air to 
occupy the space that they take up, 
thus increasing the pressure while 
pressure areas can expand into the 
outside air thus reducing the pres¬ 
sure. This sudden change in the 
wave at the remote end because of 
the difference in the transmission 
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part of the energy of the sound sound effects. The amount of open- 

wave to return to the source. It ing at the end of the pipe is varied 

thus interferes with the approach- until the proper effect results. At 

ing wave, changing its entire char- B, where the end of the pipe is 

acteristics. That the quality of the closed, all of the sound traveling 

wave changes is evident from the through the tube is reflected ex¬ 
fact that this method is actually cept an insignificant amount 
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which is lost through the tube by 
radiation or in other minor ways. 
This also changes the entire char¬ 
acter of the sounds produced. At 
C in Fig. 19 however, where the 
tube is continued indefinitely the 
sound travels right past the point 
of reflection in the other two ex¬ 
amples with no change in its char¬ 
acteristics. Conditions within the 
tube are the same in any part, and 
the only thing that happens to the 
sound in transit is attenuation or 
reduction in intensity due to its 
length which brings about losses. 
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However, the sound will have the 
same character at any point in the 
pipe. Obviously it is desired to 
transmit the sound without chang¬ 
ing it in any way, and yet the tube 
line can not be continued indefinite¬ 
ly in order to do this. Of impor¬ 
tance to the .present subject is the 
fact that the tube line must be ter¬ 
minated in such a way that the 
sound will be consumed entirely 
with no reflection. The terminal 
agent must have characteristics 
similar to the continued tube line 
as the tube originally modified the 









sound on entrance and this modi¬ 
fication must be maintained. 

If you investigate the transmis¬ 
sion of light, you will find much 
the same thing—that is, for exam¬ 
ple, if light passes from an air tube 
into water as at 0 in Fig. 19, there 
will be some reflection at the boun¬ 
dary of the water and some trans¬ 
mission through the water. The re¬ 
flection will influence the approach¬ 
ing light. If a mirror is placed at 
the end of the tube as at E, prac¬ 
tically all of the light will be re¬ 
flected. If the tube continues in¬ 
definitely it will be unchanged, as 
at F. 

Now referring to electrical 
transmitting circuits, at G in Fig. 

19 there is a two wire transmission 
line through which you may as¬ 
sume a signal is being transmitted. 
At a certain point to the right, the 
signal meets with somewhat more 
resistance than usual and thus 
some of it is reflected back to the 
source. At H the line is short¬ 
ed thus reflecting practically all of 
the energy back to the source, 
changing the entire nature of the 
signal being transmitted. At (I), 
however, there is placed an imped¬ 
ance (Z) which is equal to that 
offered by the line itself so that the 
effect is the same as though the 
line were continued indefinitely. 
This is very much more easily done 
in the case of an electrical signal 
than it would be for sound or light. 

Referring again to Fig. 19, the 
quality of sound is changed on en¬ 
tering the tube, and for light this 
also is modified on entering the 
tube. Thus this is also true for an 
electrical circuit. The input of the 
transmission line wherever possi- 
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ble should be so arranged that the 
signal enters the line under condi¬ 
tions similar to those present at 
the device supplying the signal— 
in other words output and input 
impedances should match or be 
equal. 

For an electrical transmission 
line these conditions are met by 
having the voltage to current ratio 
of the signal the same for the gen¬ 
erator (AC signal source) and the 
line. Because of its electrical 
properties, namely, series induct¬ 
ance, shunt capacity, leakage and 
series resistance, the line tvill ac¬ 
cept the most energy at a certain 
ratio of voltage to current. If the 
voltage is higher than this with i:e- 
spect to the current, too much en¬ 
ergy will be wasted in charging the 
shunt capacity, while if the cur¬ 
rent is too large, it will be wasted 
in the series inductance. In an AC 
transmission line the ratio of volt¬ 
age to current is the impedance of 
the line, and since the ratio of volt¬ 
age to current must be the same, 
the impedance must also be the 
same. If it were possible to easily 
build a line having any impedance 
the transformer matching units at 
the microphones could be omitted 
and the signal could be transmitted 
from the microphone directly to 
the first amplifier. Unfortunately 
this is not the case. An AF trans¬ 
mission line with an impedance 
value below about 15 ohms can not 
be made with good efficiency and 
the upper limit is about 2500 ohms. 

The electrical properties of a 
transmission line have been men¬ 
tioned, and you are no doubt inter¬ 
ested in how various lines are 
made to provide the desired imped- 



ance values at high efficiency. The 
impedance of a two wire line is 
principally determined by the wire 
diameter and spacing. The char¬ 
acteristic impedance of a line 
formed by two parallel conductors 
is equal to 277 times the logarithm 
of the ratio—spacing between wire 
centers to radius of one wire. 

Since it is convenient to build 
200 and 500 ohm transmission 
lines, most all of the pick-up 
equipment; microphones and phon¬ 
ograph pick-up units are made to 
match one of these values. Now 
referring back to Fig. 18, it is in¬ 
teresting to note that since this is 
substantially the impedance at 
which the signal is delivered by 
carbon type microphones, their 
lines may be fed directly into an 
AF amplifier. Very rarely is a 
coupling transformer used with 
the carbon microphone unit. The 
crystal microphone may use a 
transformer having a primary im¬ 
pedance of 50,000 to 80,000 ohms 
and a secondary impedance of 
from 200 to 500 ohms. The turns 
ratio of the transformer is equal to 
the square root of the impedance 
ratio. In other words, the turns 
ratio of this transformer (80,000 
to 500) must be 12.65. As shown 
in Fig. 18C, the crystal type need 
not use a coupling for a short line. 
On the other hand, for the ribbon 
and dynamic microphones, the im¬ 
pedance of the line (assumed here 
as 500 ohms) must be matched to 
.375 of an ohm (average). This 
impedance ratio is 1,333 the square 
root of which is 36.5. This latter 
figure- is the turns ratio of the 
coupling transformer needed to 
couple the dynamic microphone to 
a 500 ohm transmission line. 
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For the condenser microphone, 
there is no vacuum tube whose in¬ 
put impedance matches that of the 
microphone and so a mismatch 
must be tolerated for this unit. It 
is important to note that a trans¬ 
former having an input impedance 
of from 20 to 50 megohms is not 
practical if at all possible to built 
for the audio range. Here there 
is an interesting case of the signal 
generator (condenser microphone) 
not having a constant internal im¬ 
pedance but rather dependent on 
the conditions of its supply. In 
much the same way, the internal 
impedance of an ordinary rotating 
AC generator is dependent on the 
field supply, and the impedance of 
a voice coil is dependent on the 
field supply. At medium and low 
frequencies, below 1000 cycles, the 
average condenser microphone de¬ 
velops full voltage without a load 
but must be loaded to develop full 
voltage at higher frequencies. The 
reason for this is that the resist¬ 
ance through which the polarizing 
voltage is supplied is so high that 
current flow is not intense enough 
to fully charge or discharge the 
condenser of the microphone at 
frequencies higher than 1000 cy¬ 
cles. This, of course, is an arbi¬ 
trary average. The AC load of the 
grid input circuit of the first am¬ 
plifying tube, however, will be 
considerably lower than that of the 
condenser microphone. This will 
permit good action of the micro¬ 
phone from this standpoint up to 
very high AF frequencies. In this 
case the impedance is self-regu¬ 
lated and automatically partly 
matched to the input tube. 

At the output of the head am¬ 
plifier of the condenser micro- 


phone a coupling transformer is 
used because it is most convenient 
to make its primary match the AC 
plate resistance of the tube while 
its secondary is loaded to the trans¬ 
mission line of equal impedance. 
The line could be fed with resist¬ 
ance coupling, but this is very in¬ 
efficient and unnecessary. When 
the problem is reduced to coupling 
transformers impedances may be 
matched very easily from lines to 
tubes, etc. 

MIXERS—VOLUME 
CONTROLS 

Since the very first days of 
radio, it has been necessary to pro¬ 
vide for switching from one mi¬ 
crophone to another and also to 
have more than one microphone 
operating at a time. These prob¬ 
lems have been solved by a series 
of developments paralleling those 
of the microphone. The easiest 
and quickest solution at first 
thought might seem to be that of 
simply connecting the microphone 
transformers in parallel ,as in Fig. 
20. Here two 500 ohm windings 
feed into a single 250 ohm winding 
which you might suppose would 
match the entire system. The out¬ 
put from microphone A could be 
controlled from maximum to zero 
by resistor R1 whereas that from 
B could be controlled from resistor 
R2. Each could be set at the prop¬ 
er level and R3 could be set for the 
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total desired amplitude of the sig¬ 
nal. Any ratio of signal strength 
from either of the two micro¬ 
phones could be used and either 
could be turned off. There is no 
question that this will work be¬ 
cause the system has been used 
often. However, from the point of 
view of impedance matching for 
any setting of the controls and for 
other reasons vital changes must 
be made in the circuit. In the first 
place, when R1 and R2 are full on 
(moving element at the top) micro¬ 
phone A will generate a signal pro¬ 
ducing a voltage across R1 which 
will not only be fed to transformer 
T3, but also to transformer T2. 
Then, except for the losses in the 
circuit, microphone A will form 
a signal voltage at microphone B 
without B being on or with it on. 
Microphone B cannot, therefore, 
effectively pick up a signal of its 
own. Moreover, with this setting 
of the controls, even if their being 
shunted across the secondary wind¬ 
ings of the microphone transform¬ 
ers is neglected, a perfect match 
will result only with maximum vol¬ 
ume setting. As soon as the vol¬ 
ume is reduced, the secondaries of 
T1 and T2 feed into higher imped¬ 
ances while the transformer T3 
(master transformer) is fed with 
values lower than those for which 
it is designed. In addition to this, 
the adjustment of either micro¬ 
phone will affect either of these 
impedances in spite of the other. 

The circuit of Fig. 21A corrects 
this matter as far as the micro¬ 
phone is concerned. For any posi¬ 
tion of the variable controls of the 
resistors the microphone trans¬ 
former will be loaded the same 
amount while any portion of the 
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signal can be obtained. This, how¬ 
ever, does not correct the defect for 
the transformer into which the sig¬ 
nal must feed. Figure 21B has 
been developed to correct this con¬ 
dition for, as you see, it provides 
the same system for both the input 
and output. Three separate poten¬ 
tiometers with a single variable 
control (ganged together) are 
shown here—R2 is in both the 
source and load and the sum of 
the section of R1 and R2 used is 
always constant for any position 
of the variable element. The sum 
of the top section of R3 and the 
bottom section of R2 is also con¬ 
stant. For this purpose, of course, 
the resistors must be given the 
proper values and taper. In every 
case, the signal is varied by mov¬ 
ing the single control. Its effect¬ 
ive resistance is proportional to 
the ratio of R2 to R1 plus R2. In 
Fig. 21C the same electrical circuit 
is shown as in Fig. 21B—this form 
often being used. 

Two microphones may be used 
simultaneously as shown in Fig. 22 
by coupling each one individually 
into the grid of a triode or pentode 
tube. The plate circuits are cou¬ 
pled with very high resistances so 
that even through possible plate- 
to-grid feed back there is very lit¬ 
tle possibility of one microphone 


interfering with the other. Any 
number of microphones may be 
coupled in this way. This is called 
an electronic mixer circuit. 

PHONOGRAPH PICK-UP 
UNITS 

A good portion of the many 
radio programs now being trans¬ 
mitted are recorded programs 
which originate from wax or plas¬ 
tic records rather than from sound 
waves. In making the records, a 
microphone is used to pick up 
sound and after amplification, the 
signal drives a cutter operating 
sidewise from a central position. 
The cutter head is driven slowly 
in the direction of the radius of a 
wax disc record being turned 
under it. It, therefore, cuts a con¬ 
tinual spiral groove in the record 
which, in a microscopic sense, is 
an actual graph of the original 
sound wave. 

When the air is instantaneously 
at normal pressure, the cutter is in 
the center of its cutting motion, 
but, as the air pressure momen¬ 
tarily increases, the cutter swings 
out of its path on one side in pro¬ 
portion to this pressure increase. 
On decreasing pressure, the cutter 
swings the other side of its central 
path in proportion to the decrease. 

The result is the production of 
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a continuous groove in the record 
having a Avave form essentially 
identical to the plotted graph of 
pressure variations in the air 
which produced it. In the case of 
the velocity microphone, of course, 
the groove will cut in proportion to 
the velocity component of the air 
wave principally, but it was point¬ 
ed out that this wave form is iden¬ 
tical to the pressure component but 
is simply displaced 90 degrees in 
phase from it. The variations on 
the wax record will, therefore, be 
identical. 

Anything which can exactly fol¬ 
low in this groove called the sound 
track of the record must move just 
like the original air molecules 
when producing the original sound. 
It, therefore, will reproduce the 
original sound. Before methods 
were developed to convert vibra¬ 
tions to electrical equivalents, a 
needle was placed in the sound 
track and was mechanically at¬ 
tached to a diaphragm which vi¬ 
brated in a horn aperture or throat 



thus reproducing the original 
sound. This of course is the old 
phonograph principle. 

This vibration may be converted 
into an equivalent electrical wave 
by means of apparatus very sim¬ 
ilar to the microphone. The only 
practical? types in use today are 
patterned similarly to the dynamic 
and crystal microphones in princi¬ 
ple. So that the needle that fol¬ 
lows the sound track (in reproduc¬ 
ing a record) may be as free to 
move as possible, it is arranged to 
move the least possible mass. In 
this way, the mass of the moving 
member will not cause it to be slug¬ 
gish at high frequencies. In rec¬ 
ord reproduction instead of moving 
a coil or ribbon in the type of pick 
up which works on the induced 
voltage principle from magnetism, 
the needle is made to move a small 
iron vane in the air-gap of a per¬ 
manent maget. From its function 
this unit was given the name mag¬ 
netic pick up —meaning a magnetic 
device which picks-up variation 
from a wax record. 

The vane of such a unit is 
mounted in such a way that it va¬ 
ries the total magnetism which is 
impressed across the magnetic gap 
in a rather unusual way. To the 
end of each pole of the permanent 
magnet is attached a pole piece as 
shown in Fig. 23. (Note N and S 
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Above is shown an example of a crystal phono£:raph pick-up unit and electric turn table. The motor 
is located beneath the turn table and is operated electrically. The pick-up head folds back onto the 
pick-up arm, allowing: easy insertion of the needle. Courtesy of Astatic Corp. 

which are north and south poles of and this results in practically no 
the magnet). Each of the pole flux leakage across the poles, 
pieces has two protruding segments A coil of fine wire is wound 
with opposite poles facing as shown around the armature, but it is not 
with the armature in the normal mechanically mounted on it. It is 
' position as in (A). The total air- wound in such a way that the arma- , 
gap in the magnetic circuit here ture becomes an effective core of 
consists of the space at each side the coil. The cross section of the 
of each end of the armature. In wire occupies the hollow spaces in 
this position, the armature carries the pole pieces between its project- 
none of the magnetism throughout ing poles. It is identified by the 
I its length, but it simply carries a shading in Fig. 23. 

little of it across each end at the As the magnetism rapidly rises 
pole piece projections. in the armature it induces a volt- 

When traversing the sound age in the coil, and, as the motion 
track of a recording, the needle of the armature determined by the 
moves this armature laterally or sound track is a duplicate of the 
from side to side. As soon as it actual sound wave the resulting 
is slightly off center, moving to- voltage component will be equiv- 
ward a final position, as in B of alent to the shape of the sound 
Fig. 23, the magnetic gap from track and hence to sound, 
the lower N pole to the armature The needle in its full range in 
is reduced as is also that between the sound track will also swing the 
the upper S pole and the armature, armature in the other direction, as 
As the armature moves in this di- at (C) Fig. 23. Note here that the 
rection, the magnetic flux through gap at the upper end of the arma- 
the armature rises very rapidly, ture and N magnetic pole is reduc- 
The path from the top N pole to ed, and this is also true for the 
the lower S pole is ever widening, lower S gap. This means that the 
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This photogrraph shows three views of the crystal pick-up unit. The crystals come in sealed cartridges. 
Thus when it is necessary to replace a crystal unit, all the repairman needs to do is simply remove the 
cartridge and insert a new one. The connecting wire leads solder to the two terminals which are provided 
on each crystal- cartridge. Courtesy Astatic Corp, 


magnetic flux through the arma¬ 
ture has been reversed. This, of 
course, reverses the polarity of the 
induced voltage and in swinging 
each side of its normal center posi¬ 
tion, an equivalent AC voltage is 
induced in the coil. 

The number of turns of the coil 
and the amount of iron in the ar¬ 
mature determines the impedance 
of the pickup. For magnetic pick¬ 
ups in regular use this value 
ranges from 200 to 2000 ohms. The 
latter value represents the maxi¬ 
mum, limited by the size of wire 
and space available for it in a prac¬ 
tical unit. The lower values are 
obtained through the use of larger 
wire and are suitable for coupling 
directly to a transmission line. If 
the signal is to be transmitted over 
a long line, the impedance may be 


designed to match the line or a 
matching transformer may be 
used. 

Another popular type of pick-up 
is the piezo-electric or crystal type. 
In this unit the needle in following 
the sound track is attached to a 
double crystal unit in such a way 
as to bend or twist one edge of it. 
The lengthening of one crystal and 
shortening of the other results in 
an output voltage in proportion to 
the stress applied to the crystal 
unit. 

A diagram of a practical piezo¬ 
electric crystal in present-day use 
is shown in Fig. 24. The mechan¬ 
ism driven by the needle bends the 
double crystal unit, thus produc¬ 
ing a voltage. Because of the very 
high impedance of the unit, it pro¬ 
duces an output as high as 2 volts 
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in many instances. Its impedance 
is around 150,000 ohms and hence 
may be fed directly to the grid of a 
tube. A 500,000 ohm shunt po¬ 
tentiometer should be used across 
it for volume control. If the line 
leading to the first amplifier must 
be long, from 50 to 100 feet or 
more, a matching transformer 
must be used with a primary im¬ 
pedance of 150,000 ohms and a 
secondary impedance to match the 
line to which it is connected. 

While it is not necessary to con¬ 
sider such things as directional re¬ 
sponse of the pick-up unit, there 
are other factors such as the am¬ 
plitude of the sound track, the 
mass of the armature and its velo¬ 
city of motion, all of which will af¬ 
fect the character of its output 
signal. Any adverse effects caused 
by the pick-up design must be com¬ 
pensated for electrically in the sig¬ 
nal circuit fqllowing the pick-up. 

The devices for making com¬ 
pensation for selective attenua¬ 
tion, amplitude peaks at certain 
frequencies and generally uneven 
amplitude for various frequencies 
in the audio spectrum are called 
filters, eqtcalizers and pads. These 
will be explained in detail in fol¬ 
lowing lessons. 

In the past few years, many de¬ 
signs of phonograph pick-up units 
have been tried. The most prac¬ 


tical units for home use have been 
the magnetic and crystal types. 
The crystal unit has been made in 
larger numbers and used more 
than any other type in general use. 
The magnetic type of pick-up re¬ 
quires the use of a coupling trans¬ 
former in order that it may be 
matched in impedance to the input 
of a tube or some part of its cir¬ 
cuit. The coupling transformer is 
necessary for the magnetic type of 
pick-up because this type has such 
a low impedance. Hence it is known 
as a low impedance pick-up unit. 
The crystal type is classified as a 
high impedance pick-up unit. 

In general, pick-up units are 
used in connection with receivers 
in two ways. The most popular 
method is to suitably feed the out¬ 
put of the pick-up to the AF sys¬ 
tem of the receiver. The output 
of the unit is also made to feed the 
input of public address systems, 
AF amplifiers, etc. The second 
method of using a pick-up unit is 
to combine its output with that of 
an RF oscillator so as to make the 
output of the pick-up modulate the 
RF of the oscillator. In this way 
the signal assumes the form of any 
other modulated RF signal and can 
be fed through the RF system of 
the receiver instead of just the AF 
system. 

A receiver which includes a rec-^ 



ord reproducing system is known 
as a combination receiver. It will 
include a switching system, an elec¬ 
tric turntable, a pick-up unit and 
some form of volume control so as 
to vary the output of the pick-up 
unit. Such a receiver may also in¬ 
clude a built-in phonograph RF os¬ 
cillator. The more common pro¬ 
cedure, however, is to feed the out¬ 
put of the pick-up unit to the AF 
system of the receiver. In any 
event, regardless of the method of 
coupling the pick-up unit to the re¬ 
ceiver, it provides an AF signal 
which will be ampified by the re¬ 
ceiver and the speaker will, in turn, 
reproduce it just as it will repro¬ 
duce any other AF signal. Thus 
the same connections for a pick-up 
unit will, in general, also apply to 
a microphone because they are 
both AF signal generators. 

The problem of how or where to 
couple the output of a pick-up unit 
to a receiver is largely controlled 
by the design of the receiver and 
the pick-up unit. Many small re¬ 
ceivers are so arranged that the 
output of the second detector feeds 
directly into the input of a single 
output tube. Depending on the 
output voltage of the pick-up unit 
and the gain of the AF system of 
the receiver, the speaker reproduc¬ 
tion may not be of a high enough 
level to give satisfactory volume. 
In such cases as this, an RF phono¬ 
graph oscillator may be used or a 
special one tube AF amplifier may 
be connected between the pick-up 


unit and the input of the AF sys¬ 
tem of the receiver. In general, 
the one tube amplifier is not to be 
recommended because it introduces 
the problem of supply voltage for 
the tube and creates extra hum 
problems. This leaves the use of 
the phonograph oscillator as the 
remaining solution to this type of 
problem. But this system, too, has 
its limitations. In this latter sys¬ 
tem the output of the pick-up unit 
feeds the input of the RF oscillator 
and the output of it is connected 
to the antenna and ground leads 
of the receiver. The tuning of the 
RF phonograph oscillator is ad¬ 
justable. Thus, this unit must be 
tuned to a point in the broadcast 
band where there is no interfer¬ 
ence and the receiver, in turn, must 
be tuned to the same frequency as 
the phonograph oscillator. This 
system works all right as long as 
tuning is done accurately, but the 
public is not too careful in making 
a close tuning adjustment. Hence, 
distortion may become very evi¬ 
dent. For this reason, the RF 
phonograph oscillator has not been 
very popular. 

The most satisfactory way to get 
good record reproduction is to 
couple the pick-up unit to a suit¬ 
able AF system that will give ade¬ 
quate volume. In thife way, the flip 
of a switch can instantly select 
either radio or record reproduction. 
One of your SAR Service Course 
lessons treats the practical appli¬ 
cations of pick-up units in detail. 


32 



These qaestions are designed to test your knowledge of this lesson. Read them 
over first to sec if you can answer them. If you feel confident that you can, then 
write out your answers, numbering them to correspond to the questions. If you 
are not confident that you can-answer the questions, re-study the lesson one or 
more times before writing out your answers. Be sure to answer every question, 
for if you fail to answer a question, it will reduce your grade on this lesson. 
When all questions have been answered, mail them to us for grading. 


QUESTIONS 


No. 1. What is the greatest objection to the use of the carbon type of microphone? 

No. 2. What kind of moving element does the velocity microphone employ? 

No. 3. Why must a velocity type of microphone have an output transformer in¬ 
cluded in its frame work? 

No. 4. What principle of operation do both the velocity and moving coil types of 
microphones have in common? 

No. 5. Does the crystal microphone require a coupling transformer? 


No. 6. How do the directional characteristics of the velocity microphone differ 
from those of other microphones? 

No. 7. What type of microphone as described in this lesson has the least voltage 
output? 

\ 

No. 8. Name the two types of phonograph pick-up units most often used for home 
receivers ? 

No. 9. Give two reasons why the microphone must be matched to the input equip¬ 
ment which it feeds. 

No. 10. How may two or more AF signals be mixed or fed to an AF amplifier 
without interfering with each other? 




